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1
HEARING AID HAVING LEVEL AND
FREQUENCY-DEPENDENT GAIN

CROSS-REFERENCE TO RELATED
APPLICATIONS

This application claims the benefit of U.S. Provisional
Patent Application No. 61/683,668 filed Aug. 15,2012 , now
pending.

BACKGROUND

The present invention generally relates to hearing aids and
more particularly relates to open-ear type devices that allow
incident sound to reach the eardrum directly.

Hearing aids typically consist of a microphone, a signal
processor, and an output transducer (sometimes called a
“receiver”). The output transducer is placed in the ear canal
and can be part of a housing that either leaves the ear canal
partially open (i.e., acoustically transparent) or seals the canal
completely. Open-ear devices are generally preferred over
closed-ear devices by users and are recommended whenever
possible for persons with mild or moderate hearing loss.
(Open hearing aids have inherent limitations in the amount of
gain they can provide, and thus are not well suited for persons
whose hearing loss is severe.)

One advantage of open-ear devices is comfort: the soft tip
of'open-ear designs is less irritating and easier to adapt to than
hard-shell closed-ear inserts. There is also less risk of infec-
tion or impaction by cerumen (ear wax). No custom ear-mold
is required, which substantially decreases the fitting time and
allows such hearing aids to be used off the shelf with only
minor modifications. Also avoided is the occlusion effect,
where the closed ear canal forms a resonant chamber that
boosts low frequency sounds generated by the user (such as
speech or chewing), causing the user’s voice to sound unnatu-
ral and boomy. The occlusion effect is one of the primary
reasons cited when users reject closed-style hearing aids.

Open-ear designs also allow better processing in complex
acoustic environments, because they allow the incident sound
to be heard at frequencies where the hearing aid provides no
amplification. For example, a hearing aid fit to a high fre-
quency hearing loss (above 1 kHz) doesn’t need to amplify
low frequencies. The incident sound is worth preserving
whenever possible because it carries perceptual cues required
for localizing sound sources and rejecting background noise.
Such perceptual cues include interaural timing differences,
interaural loudness differences, and phase effects.

Despite their advantages, open ear hearing aids have sig-
nificant drawbacks. One drawback comes from artifacts and
distortion that can be produced at the eardrum by the combi-
nation of incident and amplified sound at frequencies ampli-
fied by the hearing aid. These artifacts and distortion are often
noticed by users and result in dissatisfaction that leads many
to stop using their hearing aids after a short period of time.

One artifact results from the latency of the hearing aid, that
is, the time delay between when a sound is sensed at the
microphone and when it is converted to an acoustical sound
wave at the hearing aid’s output transducer. For modern digi-
tal hearing aids, the latency is 3-7 milliseconds; older analog
hearing aids have a latency around 1-2 milliseconds. When
both the incident and amplified sounds are similar in level,
non-zero latency causes comb filtering, a form of spectral
distortion. Comb filtering is characterized by a series of regu-
larly spaced spectral peaks and dips in the sound pressure at
the eardrum. For longer latencies, the first dip is at a lower
frequency and hence a larger portion of the frequency spec-
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trum is affected. Shorter latencies produce less extensive
comb filtering. The human ear is very sensitive to this kind of
artifact; latencies shorter than 8 milliseconds are perceived as
tone coloration, while longer latencies can be perceived as
echos, beating, or tone coloration depending on the relative
loudness of the delayed sound.

Another recombination artifact arises from phase distor-
tion in the amplified sound. This also produces a structure of
spectral dips and peaks; wherever frequencies are 180
degrees out of phase, they recombine destructively and create
adip, while those in phase add constructively, creating a peak.
Since phase distortions are often spread non-uniformly over
the frequency spectrum, this kind of artifact is potentially
much less regular than latency artifacts. The source of phase
distortion can be any component in the signal path: the micro-
phone, signal processing components, or the output trans-
ducer (loudspeaker).

The above-mentioned artifacts result in spectral distortions
to the perceived sound readily apparent to even untrained
listeners. In addition to these spectral distortions, hearing aids
also distort the phase information when the amplified signal is
much louder than the incident signal. It is believed that such
phase distortions are themselves noticeable. Recent evidence
suggests that phase is used for many tasks, including source
localization, speech encoding, and detection of phase modu-
lation.

The present invention addresses the drawbacks associated
with conventional open hear hearing aids. It substantially
mitigates the artifacts and distortion problems that exist in
open-hear hearing aids, and substantially eliminates the
source of user dissatisfaction with this type of hear aid design.
The invention allows the user to enjoy the well-known ben-
efits of open-ear designs without suffering the perceptible
distractions commonly associated with such designs.

SUMMARY OF INVENTION

The present invention is directed to an open-ear hearing aid
comprised of input means such as a microphone for picking
up incident sound to be received by the human ear and con-
verting it to an electrical audio signal, and output means
including an output transducer positionable within a human
ear canal for producing a sound output in the ear in response
to incident sound picked-up by the input means. The output
means, which can be in the form of an ear piece or insert
having a loudspeaker, is acoustically transparent to allow the
transmission of incident sound directly to the eardrum, where
it combines with the sound output from the output transducer.
The perceived sound heard by the wearer of the hearing aid
results from the combination of incident sound and sound
output from the output means positioned in the ear.

The invention further includes a signal processing means
for processing the electrical audio signal produced by the
input means in order to drive the output transducer of the
output means in a desired manner. The signal processing
means has a variable gain filter (sometimes referred to herein
as a “coherent gate”) that causes amplified sound output from
the output transducer to have the following characteristics:

1) the sound output is amplified within a frequency band set
in accordance with the user’s hearing loss characteris-
tics;

ii) the gain of the amplified sound output within said fre-
quency band is dependent on the loudness, i.e. sound
pressure levels, of the incident sound; and

iii) the output transducer produces no perceptible sound
output when the incident sound pressure level exceeds a
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pre-established level, whereby the sound perceived by
the wearer is almost entirely the result of incident sound.

In another aspect of the invention the signal processing
means produces a sound output from the output transducer
characterized in that the gain of the amplified sound output
within the set frequency band decreases from a maximum
gain at low incident sound pressure levels to a minimum gain
at incident sound pressure levels near the set cut-off sound
pressure level for incident sound.

In a further aspect of the invention the input means for
picking up incident sound to be received by the human ear
converts the incident sound to a digital audio signal, and the
signal processing means includes a digital signal processor.

In still another aspect of the invention the gain of the
amplified sound output within the frequency band decreases
substantially linearly with increasing low incident sound
pressure levels at incident sound pressure levels below the set
cut-oft sound pressure level for incident sound.

Still further aspects of the invention include having the gain
of the amplified sound output within said frequency band
decrease rapidly near the cut-off sound pressure level for
incident sound and decrease to below 0 dB at the cut-off
sound pressure level for incident sound.

In yet another aspect of the invention the gain of the ampli-
fied sound output within the frequency band decreases mono-
tonically and without discontinuities near the cut-oft sound
pressure level for incident sound.

In yet further aspects of the invention the phase distortion
of the amplified sound output within the frequency band
approaches zero near the cut-off sound pressure level for
incident sound, becomes zero when the incident sound pres-
sure level substantially exceeds the cut-off level, and
approaches zero monotonically and without discontinuities
near the cut-off sound pressure level for incident sound.

In still another aspect of the invention the signal processing
means produces the following additional characteristic in the
sound output that combines with incident sound: when tran-
sitioning between a state where the sound output is amplified
and where the output transducer produces substantially no
sound output, the transition is under dynamic control to pro-
duce desired attack and release times.

The present invention is also directed to a method of com-
pensating for hearing loss in an individual having hearing
loss. The method generally comprises first determining the
frequency dependent hearing loss characteristics of the indi-
vidual, including a loudness threshold of audibility above
which the individual has substantially normal hearing capa-
bilities. Two paths for incident sound to travel to the eardrum
of the individual’s ear having hearing loss are provided,
including a direct open ear path and a processed signal path.
The processed signal path delivers a sound output at the
individual’s eardrum that combines with incident sound
arriving at the eardrum through the open ear direct path and
more particularly delivers a sound output at the eardrum
having the following characteristics:

1) the sound output is amplified within a frequency band set
in accordance with the user’s hearing loss characteris-
tics;

i1) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound; and

iii) the output transducer produces substantially no sound
output when the incident sound pressure level approxi-
mately exceeds the individual’s threshold of audibility,
whereby the sound perceived by the individual is almost
entirely the result of incident sound arriving at the ear-
drum through the open ear direct path.
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The present invention provides a number of benefits. By
attenuating the amplified sound at the user’s threshold of
audibility, the output transducer of the hearing aid does not
need to provide a loud output level, and hence can be used
without danger of clipping or limiters. Both limiters and
clipping introduce harmonic distortion in the amplified sig-
nal; limiters do so by design, to avoid the more extreme
artifacts caused by clipping, which is the excitation of non-
linear modes in the diaphragm.

Furthermore, the invention will increase the number and
quality of spatial cues available to the user. Such cues result
from the complete head-related transfer function, which is
shaped by the external ear anatomy (pinna and concha), the
ear canal, and binaural effects caused by the head (such as
interaural loudness, timing, and phase differences). When-
ever a frequency is amplified, latency and phase distortions
are necessarily introduced at that frequency and natural cues
are perturbed. The invention, and particularly the coherent
gate of the invention, preserves natural cues by judicious
amplification of incident sound.

On a more general level, the invention improves sound
quality perceived by the user while preserving natural cues, so
that the hearing aid is the least taxing for the user. In complex
auditory environments, the brain can use multiple cues to
separate sound sources and direct auditory attention. In many
cases, loss of such cues results in reduced comprehension or
intelligibility. However, recent studies have shown that loss of
certain cues may also increase the cognitive effort required to
maintain the same performance. This is shown most suc-
cinctly by giving the test subject a second, non-auditory task
to perform along with the primary auditory task. With hearing
loss, degraded input quality, or other factors that increase
cognitive load, performance on the second task will drop
dramatically and the patient will fatigue much more quickly
than normal.

Other aspects and benefits of the invention will be apparent
from the description and claims which follow.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 11is a functional block diagram representation of a aid
having a coherent gate in accordance with the invention.

FIG. 2 is a graphical representation of physical compo-
nents for a hearing aid in accordance with the invention, and
component placement both outside and inside the ear canal.

FIG. 3 is a schematic/graphical representation of the paths
taken by amplified and incident sound as they pass through
the ear canal to the eardrum of a person fitted with a hearing
aid in accordance with the invention; it illustrates how the
incident and amplified sound sum and create the perceived
sound when they reach the eardrum.

FIG. 4 is a graph of the sound level produced by a hearing
aid in accordance with the invention at the user’s eardrum as
a function of frequency and for different indicated flat (white
noise) input sound pressure levels. It shows the decrease in
gain of the hearing aid within a customized frequency band
fitted to the user as the flat input SPL rises.

FIG. 5A is an input/output curve at the peak frequency of 4
kHz for the example shown in FIG. 4, showing perceived,
amplified, and incident sound measured in dB SPL at the
eardrum.

FIG. 5B is a gain function at the peak frequency of 4 kHz
for the example shown in FIG. 4.

FIG. 6 is a graph showing incident sound and sound ampli-
fied by a hearing aid in accordance with the invention and
their summation at the eardrum for an input sound with an
SPL level slightly below the cross-over point.
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FIG. 7 is a graph of phase as a function of frequency at the
gain levels indicated on FIG. 5.

FIG. 8 is a flow chart illustrating the overall method of the
invention.

DESCRIPTION OF THE ILLUSTRATED
EMBODIMENT

Referring to the drawings, FIG. 1 illustrates in block dia-
gram form an embodiment of a hearing aid in accordance with
the invention, generally denoted by the numeral 10, wherein
input (incident) sound is transduced by the microphone 11
and digitized by an analog-to-digital converter 13 for digital
processing. (It will be understood that the invention is not
limited to digital processing, and could be implemented
instead with analog components.) The signal is then passed
through a signal processing circuit having a coherent gate 15
comprised of a filter 17, a gain control function 19 for pro-
viding variable gain, and preferably a later described dynamic
control function represented by block 18. The filter’s param-
eters (shape, bandwidth, gain structure, etc.) are set via a
settings function within the coherent gate as represented by
settings block 20. When in a settings or programming mode,
the parameters of the coherent gate (including frequency and
gain, among others) can be set to the user’s particular hearing
loss. These settings function can be controlled by a computer.

As represented by gain control block 19, the gain supplied
by the hearing aid can be determined from the coherent gate’s
output signal at gate output 21 in a feedback configuration,
and can be used to modify the amplitude of the filter as
represented by feedback arrow 23. The output signal can then
be converted to an analog signal by a digital-to-analog con-
vertor 25, amplified by amplifier 27, and passed to output
transducer (loudspeaker) 29. It will be appreciated that gain
control could be implemented in ways other than described
above, for example, using a feed-forward signal.

Most suitably, the input transducer (microphone) and out-
put transducer (loudspeaker) will reproduce the audio signal
accurately without adding spectral or phase distortion. This
requires linear transducers with a flat phase response and no
harmonic distortion up to the highest level of gain needed.
Since hearing losses appropriate to this invention are mild to
moderate, the hearing aid will rarely need to provide levels in
excess of 80 dB SPL.

A physical implementation of a hearing aid in accordance
with the invention is shown in FIG. 2. The microphone 11 is
connected to an electronic package containing coherent gate
15 and the output transducer 29 by a wire 31. While the
processing electronics (which includes the coherent gate) and
microphone are shown as separate components, it is contem-
plated that they can be housed together in a single wearable
unit. A power supply such as a battery 33 can likewise be
housed together with the processing electronics or may be
located separately and attached to the circuit by a wire. An ear
insertable acoustic output means includes output transducer
29 and an acoustically transparent ear insert 37. Suitably, the
transducer is embedded in the ear insert. The insert is held in
the outer portion of the ear canal 35, which means that the
incident sound is not appreciably attenuated and can still
reach the eardrum 39. Such an ear insert is called an ‘open-
ear’ design, in contrast to a hard ear insert that blocks the ear
canal completely and attenuates the incident sound. (Where
the context requires, reference herein to “ear insert” shall be
understood to include the transducer 29.)

Such an open ear insert allows incident sounds to reach the
eardrum, as shown schematically in FIG. 3. When the device
is worn and inactive, the sound perceived at the eardrum 39
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(represented by output arrow 41) is simply the incident sound
(represented by input arrow 43). When the device is active, it
creates a sound sometimes referred to herein as the “amplified
sound.” Both the amplified sound (represented by arrow 45)
and the incident sound 43 excite the eardrum; the sound
perceived by the brain is thus their summation.

As above-mentioned, the frequency spectrum of the ampli-
fied sound is determined by the parameters of the filter 17 of
coherent gate 15, which can be controlled by a computer via
the coherent gate’s setting function 20. (A computer interface
can be provided to programmatically determine the filter
shape of the coherent gate.) The filter can be thought of as an
equalization curve, applying gain separately to narrow bands
of frequency. The shape of the filter is highly customizable
and can be adapted to most kinds of mild or moderate hearing
loss, although ultimately it is limited by the design of the
coherent gate algorithm. For instance, the filter may be flat
across all frequencies, boosted at particular frequencies
(high-pass, low-pass, or band-pass), or bimodal (peaking at
two frequencies).

The characteristics of the coherent gate 15 of the signal
processing circuit can first be established by setting a fre-
quency-dependent gain (equalization) curve, hence “filter,”
tailored to the user’s particular measured hearing loss. The
filter thusly established is preferably a minimum phase filter,
that is, a filter where phase is altered only at those frequencies
that are amplified. As the input level (incident sound) in one
frequency band increases, the filter gain can gradually be
attenuated until the incident sound becomes dominant. The
gain can be attenuated in such a way that the phase response
also gradually decreases to zero. The precise filter character-
istics needed to compensate for the hearing loss for a particu-
lar individual can be referred to as a “fitting algorithm.”

Fitting algorithms for a user’s particular hearing loss can
be determined by testing the hearing of the user. The fitting
algorithm can provide customized gain control for the coher-
ent gate (filter) circuit: it amplifies a given frequency band
only when below the user’s threshold of audibility. When
amplifying soft sounds, the phase delay of the filter is accept-
able to the user and audibility for low level speech and music
is greatly improved. Once the input signal reaches the user’s
threshold, however, the effects of the filter are removed, pref-
erably rapidly, which also removes distortion. (If the filter
remains active above the threshold of audibility, the resulting
sound is heard as distorted and unpleasant to the user: the
perception can be bright or boomy, depending on the type of
hearing loss.)

Other characteristics of the coherent gate are the dynamic
properties of each filter. These include the attack and release
times, which are the time required for a filter to fully engage
as the loudness of incident sound rises above the person’s
threshold of audibility and to fully disengage as the loudness
of incident sound falls below this threshold. By employing
dynamic control, (graphically represented by block 18 in
FIG. 1), the attack and release times can be suitably set such
that sudden loud events aren’t amplified, requiring a fast
attack time, and such that soft sounds following a loud event
remain audible, which requires a moderately fast release
time. If either parameter is too long or too short, there will be
tone coloration and noticeable level fluctuation; if the release
time is too short, pumping artifacts will be noticed. The values
of the dynamics will likely depend on the user’s particular
hearing loss and subjective feedback from the user during the
fitting process. Generally, the filter attack time would suitably
be set somewhere between about 15 microseconds and about
10 milliseconds, and preferably less than about 1 millisecond.
The filter release time would preferably be in a range of about



US 9,154,889 B2

7

200 microseconds to 30 milliseconds. These dynamics would
most suitably be set by the manufacturer or trained profes-
sional.

While the hearing aid described above is a single channel
device for one ear, it shall be understood that an appropriate
combination of two such devices could be used for both ears.
In such a case, the combination could share a physical enclo-
sure for the electronics and a battery, but each ear would
require its own ear insert, and preferably each ear would have
its own a dedicated microphone and coherent gate. Separate
microphones are recommended to preserve binaural cues,
which are different at each ear. The coherent gate will pref-
erably be independently set for each ear because hearing loss
in each ear is often different (called asymmetric hearing loss).
The microphones will preferably be worn as close to the ear as
possible.

Reference is now made to an exemplary filter shape, which
is represented in FIG. 4 and which is a band-pass filter with a
peak frequency (F_peak) at 4 kHz. Such a filter corresponds
to a typical noise-induced hearing loss of 20 dB at 4 kHz. In
accordance with the invention, any filter shape can be realized
by the coherent gate. First, the sound arriving and summed at
the eardrum must be considered. As illustrated by FIG. 3, this
is the combination or sum of incident sound passing through
the ear insert directly to the eardrum and the amplified sound.
In the filter example shown in FIG. 4, the hearing aid boosts
frequencies only around 4 kHz. For a flat input signal of 0 dB
SPL, the summed sound at the eardrum at 4 kHz is boosted to
20dB SPL, making those frequencies now audible to the user.
(Other parts of the frequency spectrum, already audible,
aren’t amplified.) At the higher input levels of 10 dB and 20
dB shown on the graph, it can be see that the degree of boost
is progressively reduced. Once the input level reaches 23 dB,
the chosen cut-off level or threshold of audibility for a hypo-
thetical wearer, the hearing aid essentially provides no ampli-
fied sound at 4 kHz (the gain is less than —20 dB). Above this
threshold, the incident sound within the hearing loss fre-
quency range will be perceived by the wearer without com-
pensation. In this example, the incident sound producing the
input signals for processing are first considered to be static,
having a loudness and crest factor that don’t vary in time.

FIG. 5A shows the level of the incident sound (represented
by dashed line 49) and the amplified sound (represented by
dashed line 51, and the level of sound at the eardrum resulting
from the summation of the two (represented by solid line 47),
as a function of the input (incident) sound level; FIG. 5B show
how the filter gain (represented by dashed line 50) changes as
a function of the input sound level. As the input sound level
changes, the gain parameters of the filter are made to change,
resulting a sound level at the eardrum that changes. At low
input sound levels (below approximately 10 dB), the sound
arriving at the eardrum and ultimately the perceived sound is
seen to be dominated by the amplified sound. In this low input
region, the gain of the filter is seen to decrease almost linearly.
Above this region is a “cross-over region” (denoted by the
numeral 55 in FIG. 5B) where the difference between ampli-
fied sound 51 and incident sound 49 are less than about 8 dB.
At levels within this cross-over region both incident and
amplified sound contribute significantly to the sound arriving
at the eardrum and to the perceived sound. As a result, there
can be a desirable deviation from linearity in the gain function
within this region (this deviation in the cross-over region can
be noted in FIG. 5B). Nonetheless, to prevent perceptual
artifacts in the cross-over region, changes in the gain function
should be gradual; that is, it should be monotonically decreas-
ing, without discontinuities, and smooth (in the mathematical
sense, with continuous derivatives). Effectively, such a well-
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defined gain function maps similar input levels to similar
output levels; a small change in input level causes a small
change to the output level. While the optimal gain function is
nonlinear as shown in FIG. 5B, it should be noted that a linear
gain function, which is effective and easier to implement,
could also be used.

FIG. 6 shows incident sound (represented by line 57) and
amplified sound (represented by line 59) and their summation
(represented by line 61) at the eardrum for incident sound
having a sound pressure level within the cross-over region
(input level at 16 dB). In the cross-over region, the phase and
delay characteristics of the amplified sound are particularly
important. The frequency-dependent phase must gradually
approach zero as the filter gain decreases (just as the gain
function changes). As with the amplified sound pressure
level, if the phase changes dramatically between slight
changes in input level, it will be noticed by the wearer of the
device.

One way to avoid unacceptably large and perceptible phase
changes with small changes ininput level is illustrated in FIG.
7, which shows the phase perturbation slowly decreasing to
zero as the input level rises and the system gain decreases.
FIG. 7 shows phase as a function of frequency at the gain
levels indicated on FIG. 5B. As the gain decreases to below
zero, the phase perturbation also decreases. For example, at
+20 dB gain the phase perturbation (represented by graph line
61) is large as compared to the phase perturbation at 0 dB
(represented by graph line 63). At —10dB there is virtually no
phase perturbation. Although filters that provide frequency-
dependent gain necessarily introduce a phase shift, this shift
can be minimized by selecting an appropriate filter imple-
mentation (e.g., minimum phase filters).

The other important parameter of the hearing aid is latency,
the time between the incident sound’s arrival at the micro-
phone and the output of the amplified sound at the loud-
speaker. This delay needs to be kept as small as possible,
ideally less than 1 millisecond. Delays longer than ~5 milli-
seconds create artifacts of coloration, while delays longer
than 1 millisecond affect sound localization cues. Thus, pref-
erably, the latency introduced by the coherent gate 15 of the
signal processing circuit illustrated in FIG. 1 will be less than
1 millisecond.

In order to realize the benefits of the above-described pro-
cessing scheme, the input transducer (microphone) and out-
put transducer (loudspeaker) should be capable of reproduc-
ing the audio signal with great fidelity. The equal-phase
response of the coherent gate will not be realized unless both
the input and output transducers are linear; that is, unless they
have a flat phase response and low harmonic distortion (pref-
erably less than 1%) at the loudest expected output level.

FIG. 8 illustrates the general methodology of the above-
described embodiment of the invention, where incident
sound, represented by block 101 can arrive at wearer’s ear-
drum via two paths, represented by arrows A and B, where it
is summed, as represented by block 103. As shown in FIG. 8,
the first path (path A) is a direct open ear path to the eardrum
permitted by the open-ear configuration of the ear insert for
the hearing aid. Incident sound will always arrive at the ear-
drum via this path. The path (path B) is a processed signal
path that provides to the eardrum amplified sound that is
dependent on frequency and incident sound level. Via this
path, incident sound that has been converted to an electrical
audio signal is processed by a variable gain gating function,
shown as a coherent gate 15 in FIG. 1, wherein the incident
sound arriving at the eardrum via path A is augmented by
amplified sound arriving via path B. The level of the sound
arriving from path B not only depends on the band of frequen-
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cies where compensation for hearing loss occurs, but also by
the level of incident sound at any point of time. The charac-
teristics of the variable gain function for amplifying the audio
signal processed through this path will be tailored to the
measured hearing loss profile of the wearer, including the
wearer’s threshold of audibility.

More particularly, in the processed signal path B, incident
sound is introduced to this path via microphone 105, which
converts the sound to an electrical audio signal that can be
processed by analog circuits or most preferably by digital
signal processing. The processing steps include first deter-
mining loudness of the incident sound in the frequency band
orbands of interest (block 107). Ifthe loudness ofthe incident
sound picked up by the microphone is below the measured
threshold of audibility for the wearer (block 109), the gain
necessary to compensate for the wearer’s measured hearing
loss, that is, to bring the below threshold sound up to an
audible level for the wearer, is determined such as by a gain
calculation (block 111). Based on this determined gain, the
filter of the coherent gate is engaged (block 113) to allow the
audio signal passing through path B to be amplified to a level
determined by the gain. As earlier described, the engagement
of'the filter can be under dynamic control such that the attack
time can be set at desired levels. The resulting amplified
sound is used to drive loudspeaker 115 of an ear insert. The
output from the loudspeaker produces amplified sound that is
summed with incident sound at the eardrum.

If on the other hand the loudness of the incident sound
picked up by the microphone is above the measured threshold
of audibility for the wearer (back to block 109), the filter of
the coherent gate is disengaged (block 117), thus removing
any audio signal that may drive the loudspeaker 115. As with
the engagement of the filter, disengagement of the filter can be
under dynamic control wherein the release time can be set as
earlier described. During release, amplified sound will con-
tinue to drive loudspeaker 115 for a very short period of time.

While the invention has been described in detail in the
foregoing specification, it is not intended that the invention be
limited to such detail, except as necessitated be the following
claims.

What we claim is:
1. An open-ear hearing aid for compensating for loss of
hearing in the human ear comprising:

input means for picking up incident sound to be received by
the human ear and converting it to an electrical audio
signal,

output means including an output transducer positionable
within the human ear canal for producing a sound output
in response to incident sound picked up by said input
means, said output means having a form that allows
transmission of incident sound directly to the eardrum,
where it combines with the sound output from said out-
put transducer, the combination of incident sound and
sound output from said output means resulting in the
sound perceived by the user of the hearing aid, and

signal processing means for processing the electrical audio
signal from said input means, wherein the characteris-
tics of the sound output from said output transducer are
at least in part determined by said signal processing
means, said signal processing means producing the fol-
lowing characteristics in the sound output that combines
with incident sound:

1) the sound output is amplified within a frequency band set
in accordance with the user’s hearing loss characteris-
tics;
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ii) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound; and

iii) the output transducer produces substantially no sound
output when the incident sound pressure level exceeds a
set cut-off level, whereby the sound perceived by the
user is almost entirely the result of incident sound arriv-
ing directly at the eardrum, and

wherein the gain of the amplified sound output within said
frequency band decreases monotonically and without
discontinuities near the cut-off sound pressure level for
incident sound.

2. The open-ear hearing aid of claim 1 wherein the sound
output from said output transducer produced by the signal
processing means is characterized in that the gain of the
amplified sound output within the set frequency band
decreases from a maximum gain at low incident sound pres-
sure levels to a minimum gain at incident sound pressure
levels near the set cut-off sound pressure level for incident
sound.

3. The open-ear hearing aid of claim 1 wherein said input
means for picking up incident sound to be received by the
human ear converts the incident sound to a digital audio
signal, and wherein said signal processing means is a digital
signal processor.

4. The open-ear hearing aid of claim 1 wherein said input
means for picking up incident sound to be received by the
human ear and converting it to an electrical audio signal
includes a microphone worn by the user.

5. The open-car hearing aid of claim 1 wherein the gain of
the amplified sound output within said frequency band
decreases substantially linearly with increasing low incident
sound pressure levels at incident sound pressure levels below
the set cut-off sound pressure level for incident sound.

6. The open-ear hearing aid of claim 1 wherein the gain of
the amplified sound output within said frequency band
decreases rapidly near the cut-off sound pressure level for
incident sound.

7. The open-ear hearing aid of claim 1 wherein the gain of
the amplified sound output within said frequency band
decreases to below 0 dB at the cut-off sound pressure level for
incident sound.

8. An open-ear hearing aid for compensating for loss of
hearing in the human ear, comprising:

input means for picking up incident sound to be received by
the human ear and converting it to an electrical audio
signal, wherein said input means for picking up incident
sound to be received by the human ear converts the
incident sound to a digital audio signal,

output means including a digital processor and an output
transducer positionable within the human ear canal for
producing a sound output in response to incident sound
picked up by said input means, said output means having
a form that allows transmission of incident sound
directly to the eardrum, where it combines with the
sound output from said output transducer, the combina-
tion of incident sound and sound output from said output
means resulting in the sound perceived by the user of the
hearing aid, and

signal processing means for processing the electrical audio
signal produced by said input means, wherein the char-
acteristics of the sound output from said output trans-
ducer are at least in part determined by said signal pro-
cessing means, and wherein the sound output from the
output transducer produced by said signal processing
means is characterized in that the sound output is ampli-
fied and the degree amplification is expressed as gain,
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and in that the gain of the amplified sound output within
a set frequency band decreases from a maximum gain at
low incident sound pressure levels to a minimum gain at
incident sound pressure levels near a cut-off sound pres-
sure level for incident sound,

said signal processing means producing the following
characteristics in the sound output that combines with
incident sound:

1) the sound output is amplified within said frequency band
set in accordance with the user’s hearing loss character-
istics;

i1) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound and decreases substantially lin-
early with increasing low incident sound pressure levels;

iii) the output transducer produces substantially no sound
output when the incident sound pressure level exceeds a
set cut-off level, whereby the sound perceived by the
user is almost entirely the result of incident sound arriv-
ing directly at the eardrum; and

iv) when transitioning between a state where the sound
output is amplified and where the output transducer pro-
duces substantially no sound output, the transition is
under dynamic control to produce desired attack and
release times.

9. The open-ear hearing aid of claim 8 wherein the gain of
the amplified sound output within said frequency band
decreases substantially linearly with increasing low incident
sound pressure levels at incident sound pressure levels below
the set cut-off sound pressure level for incident sound.

10. The open-ear hearing aid of claim 9 wherein the gain of
the amplified sound output within said frequency band
decreases monotonically and without discontinuities near the
cut-oft sound pressure level for incident sound.

11. The open-ear hearing aid of claim 10 wherein the phase
distortion of the amplified sound output within said frequency
band approaches zero near the cut-oft sound pressure level for
incident sound and becomes zero when the incident sound
pressure level substantially exceeds the cut-off level.

12. The open-ear hearing aid of claim 11 wherein the phase
distortion of the amplified sound output within said frequency
band approaches zero monotonically and without disconti-
nuities near the cut-off sound pressure level for incident
sound.

13. An open-car hearing aid compensating for loss of hear-
ing in the human ear, comprising:

a microphone for picking up incident sound to be received
by the human ear and converting it to an electrical audio
signal,

an ear insert including a loudspeaker positionable within
the human ear canal for producing a sound output in
response to incident sound picked up by said micro-
phone, said ear insert having an open ear configuration
that allows transmission of incident sound directly to the
eardrum, where it combines with the sound output from
the loudspeaker of the ear insert, the combination of
incident sound and sound output from the loudspeaker
of the ear insert resulting in the sound perceived by the
user of the hearing aid, and

a coherent gate for processing the electrical audio signal
from the microphone, said coherent gate having a filter
and a gain control function for said filter wherein the
characteristics of the sound output from the loudspeaker
of said ear insert are at least in part determined by the
coherent gate, said coherent gate producing the follow-
ing characteristics in the sound output that combines
with incident sound:
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1) the sound output is amplified within a frequency band set
in accordance with the user’s hearing loss characteris-
tics;

ii) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound; and

iii) the loudspeaker of the ear insert produces substantially
no sound output when the incident sound pressure level
exceeds a set cut-off level, whereby the sound perceived
by the user is almost entirely the result of incident sound
arriving directly at the eardrum, and

wherein the coherent gate produces the following addi-
tional characteristic in the sound output that combines
with incident sound: when transitioning between a state
where the sound output is amplified and where the out-
put transducer produces substantially no sound output,
the transition is under dynamic control to produce
desired attack and release times.

14. A method of compensating for hearing loss in an indi-

vidual having hearing loss comprising:

determining the frequency dependent hearing loss charac-
teristics of the individual, including a loudness threshold
of audibility above which the individual has substan-
tially normal hearing capabilities,

providing two paths for incident sound to travel to the
eardrum of the individual’s ear having hearing loss,
including a direct open ear path and a processed signal
path,

the processed signal path delivering a sound output at the
individual’s eardrum that combines with incident sound
arriving at the eardrum through the open ear direct path
and that delivers the sound output having the following
characteristics:

1) the sound output is amplified within a frequency band set
in accordance with the individual’s hearing loss charac-
teristics;

ii) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound; and

iii) substantially no sound output is produced at the ear-
drum through the processed signal path when the inci-
dent sound pressure level approximately exceeds the
individual’s threshold of audibility, whereby the sound
perceived by the individual is almost entirely the result
of incident sound arriving at the eardrum through the
open ear direct path, and

wherein, when transitioning between a state where the
sound output is amplified and where substantially no
sound output is produced, the transition is under
dynamic control to produce desired attack and release
times for the amplified sound.

15. The method of claim 14 wherein the gain of the ampli-
fied sound output within the set frequency band decreases
from a maximum gain at low incident sound pressure levels to
a minimum gain at incident sound pressure levels near the
individual’s threshold of audibility.

16. The method of claim 14 wherein the gain of the ampli-
fied sound output within said frequency band decreases sub-
stantially linearly with increasing incident sound pressure
levels at low incident sound pressure levels below the indi-
vidual’s threshold of audibility.

17. The method of claim 14 wherein the gain of the ampli-
fied sound output within said frequency band decreases rap-
idly near the individual’s threshold of audibility.
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18. An open-ear hearing aid for compensating for loss of

hearing in the human ear comprising:

input means for picking up incident sound to be received by
the human ear and converting it to an electrical audio
signal,

output means including an output transducer positionable
within the human ear canal for producing a sound output
in response to incident sound picked up by said input
means, said output means having a form that allows
transmission of incident sound directly to the eardrum,
where it combines with the sound output from said out-
put transducer, the combination of incident sound and
sound output from said output means resulting in the
sound perceived by the user of the hearing aid, and

signal processing means for processing the electrical audio
signal from said input means, wherein the characteris-
tics of the sound output from said output transducer are
at least in part determined by said signal processing
means, said signal processing means producing the fol-
lowing characteristics in the sound output that combines
with incident sound:

1) the sound output is amplified within a frequency band set
in accordance with the user’s hearing loss characteris-
tics;

i1) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound; and

iv) the output transducer produces substantially no sound
output when the incident sound pressure level exceeds a
set cut-off level, whereby the sound perceived by the
user is almost entirely the result of incident sound arriv-
ing directly at the eardrum, and

wherein the phase distortion of the amplified sound output
within said frequency band approaches zero near the
cut-off sound ressure level for incident sound and
becomes zero when the incident sound pressure level
substantially exceeds the cut-off level.

19. An open-ear hearing aid for compensating for loss of

hearing in the human ear comprising:

input means for picking up incident sound to be received by
the human ear and converting it to an electrical audio
signal,

output means including an output transducer positionable
within the human ear canal for producing a sound output
in response to incident sound picked up by said input
means, said output means having a form that allows
transmission of incident sound directly to the eardrum,
where it combines with the sound output from said out-
put transducer, the combination of incident sound and
sound output from said output means resulting in the
sound perceived by the user of the hearing aid, and

signal processing means for processing the electrical audio
signal from said input means, wherein the characteris-
tics of the sound output from said output transducer are
at least in part determined by said signal processing
means, said signal processing means producing the fol-
lowing characteristics in the sound output that combines
with incident sound:

1) the sound output is amplified within a frequency band set
in accordance with the user’s hearing loss characteris-
tics;

i1) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound;

iii) the output transducer produces substantially no sound
output when the incident sound pressure level exceeds a
set cut-off level, whereby the sound perceived by the

10

30

35

40

45

50

55

14

user is almost entirely the result of incident sound arriv-
ing directly at the eardrum, and

wherein the phase distortion of the amplified sound output
within said frequency band approaches zero monotoni-
cally and without discontinuities near the cut-off sound
pressure level for incident sound.

20. An open-ear hearing aid for compensating for loss of

hearing in the human ear comprising:

input means for picking up incident sound to be received by
the human ear and converting it to an electrical audio
signal,

output means including an output transducer positionable
within the human ear canal for producing a sound output
in response to incident sound picked up by said input
means, said output means having a form that allows
transmission of incident sound directly to the eardrum,
where it combines with the sound output from said out-
put transducer, the combination of incident sound and
sound output from said output means resulting in the
sound perceived by the user of the hearing aid, and

signal processing means for processing the electrical audio
signal from said input means, wherein the characteris-
tics of the sound output from said output transducer are
at least in part determined by said signal processing
means, said signal processing means producing the fol-
lowing characteristics in the sound output that combines
with incident sound:

1) the sound output is amplified within a frequency band set
in accordance with the user’s hearing loss characteris-
tics;

ii) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound;

iii) the output transducer produces substantially no sound
output when the incident sound pressure level exceeds a
set cut-off level, whereby the sound perceived by the
user is almost entirely the result of incident sound arriv-
ing directly at the eardrum, and

wherein the signal processing means produces the follow-
ing additional characteristic in the sound output that
combines with incident sound: when transitioning
between a state where the sound output is amplified and
where the output transducer produces substantially no
sound output, the transition is under dynamic control to
produce desired attack and release times.

21. An open-ear hearing aid compensating for loss of hear-

ing in the human ear, comprising:

a microphone for picking up incident sound to be received
by the human ear and converting it to an electrical audio
signal,

an ear insert including a loudspeaker positionable within
the human ear canal for producing a sound output in
response to incident sound picked up by said micro-
phone, said ear insert having an open ear configuration
that allows transmission of incident sound directly to the
eardrum, where it combines with the sound output from
the loudspeaker of the ear insert, the combination of
incident sound and sound output from the loudspeaker
of the ear insert resulting in the sound perceived by the
user of the hearing aid, and

a coherent gate having a latency of less than about 1 mil-
lisecond for processing the electrical audio signal from
the microphone, said coherent gate having a filter and a
gain control function for said filter wherein the charac-
teristics of the sound output from the loudspeaker of said
ear insert are at least in part determined by the coherent
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gate, said coherent gate producing the following char-
acteristics in the sound output that combines with inci-
dent sound:

1) the sound output is amplified within a frequency band set
in accordance with the user’s hearing loss characteris-
tics;

i1) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound; and

iii) the loudspeaker of the ear insert produces substantially
no sound output when the incident sound pressure level
exceeds a set cut-off level, whereby the sound perceived
by the user is almost entirely the result of incident sound
arriving directly at the eardrum.

22. A method of compensating for hearing loss in an indi-

vidual having hearing loss comprising:

determining the frequency dependent hearing loss charac-
teristics of the individual, including a loudness threshold
of audibility above which the individual has substan-
tially normal hearing capabilities,

providing two paths for incident sound to travel to the
eardrum of the individual’s ear having hearing loss,
including a direct open ear path and a processed signal
path,

the processed signal path delivering a sound output at the
individual’s eardrum that combines with incident sound
arriving at the eardrum through the open ear direct path
and that delivers the sound output having the following
characteristics:

1) the sound output is amplified within a frequency band set
in accordance with the individual’s hearing loss charac-
teristics;

i1) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound; and

iii) substantially no sound output is produced at the ear-
drum through the processed signal path when the inci-
dent sound pressure level approximately exceeds the
individual’s threshold of audibility, whereby the sound
perceived by the individual is almost entirely the result
of incident sound arriving at the eardrum through the
open ear direct path, and

wherein the gain of the amplified sound output within said
frequency band decreases monotonically and without
discontinuities near the individual’s threshold of audi-
bility.

23. A method of compensating for hearing loss in an indi-

vidual having hearing loss comprising:

determining the frequency dependent hearing loss charac-
teristics of the individual, including a loudness threshold
of audibility above which the individual has substan-
tially normal hearing capabilities,

providing two paths for incident sound to travel to the
eardrum of the individual’s ear having hearing loss,
including a direct open ear path and a processed signal
path,
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the processed signal path delivering a sound output at the
individual’s eardrum that combines with incident sound
arriving at the eardrum through the open ear direct path
and that delivers the sound output having the following
characteristics:

1) the sound output is amplified within a frequency band set
in accordance with the individual’s hearing loss charac-
teristics;

ii) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound; and

iii) substantially no sound output is produced at the ear-
drum through the processed signal path when the inci-
dent sound pressure level approximately exceeds the
individual’s threshold of audibility, whereby the sound
perceived by the individual is almost entirely the result
of incident sound arriving at the eardrum through the
open ear direct path, and

wherein the phase distortion of the amplified sound output
within said frequency band approaches zero near the
individual’s threshold of audibility and becomes zero
when the incident sound pressure level substantially
exceeds the individual’s threshold of audibility.

24. A method of compensating for hearing loss in an indi-

vidual having hearing loss comprising:

determining the frequency dependent hearing loss charac-
teristics of the individual, including a loudness threshold
of audibility above which the individual has substan-
tially normal hearing capabilities,

providing two paths for incident sound to travel to the
eardrum of the individual’s ear having hearing loss,
including a direct open ear path and a processed signal
path,

the processed signal path delivering a sound output at the
individual’s eardrum that combines with incident sound
arriving at the eardrum through the open ear direct path
and that delivers the sound output having the following
characteristics:

1) the sound output is amplified within a frequency band set
in accordance with the individual’s hearing loss charac-
teristics;

ii) the gain of the amplified sound output within said fre-
quency band is dependent on the sound pressure levels
of the incident sound; and

iii) substantially no sound output is produced at the ear-
drum through the processed signal path when the inci-
dent sound pressure level approximately exceeds the
individual’s threshold of audibility, whereby the sound
perceived by the individual is almost entirely the result
of incident sound arriving at the eardrum through the
open ear direct path, and

wherein the phase distortion of the amplified sound output
within said frequency band approaches zero monotoni-
cally and without discontinuities near the individual’s
threshold of audibility.
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